RCA" 




CITED BY APPLICANT 
Europaisches Patentamt 
European Patent Office 
Office europgen des brevets 



@ Publication number: 



0 245 037 

A2 



EUROPEAN PATENT APPLICATION 



@ Application number: 87303889.7 
@ Date of filing : 30.04.87 



<§> Int. CI. 4 : H 04 H 1/00 



@ Priority: 06.0536 GB 8611014 



® 



Date of publication of application: 11.11.87 
Bulletin 87/46 



Designated Contracting States: CH DE FR GB LI NL 



© Applicant: THORN EMI PLC, Thorn Eml House Upper 
Saint Martin's Lane, London, WC2H 9 ED (GB) 



Inventor: Best, Stuart John, 7, Phelps Way Hayes, 
Middlesex, UB3 4LH (GB) 

Inventor: Wlllard, Reginald Alfred, 36, Douglas Crescent 
Hayes, Middlesex, UB4 9BT (GB) 



@ Representative : Fleming, Ian Alexander et al, THORN 

EMI Patents Limited The Quadrangle Westmount Centre 
Uxbridge Road, Hayes Middlesex, UB4 0HB (GB) 



'4^ 



N 
< 

<o 
o 

O 
0. 

Ill 



<g> Signal identification. 

© Equipment for labelling audio signals with identification 
information has an encoder which inserts the binary informa- 
tion into two very narrow notches of centre frequencies 2883 
end 3417 Hz, between semi-tones in the tonic scale to 
minimise music breakthrough into the decoding circuits, and 
to ensure that no fundamental frequencies in the tonic scale 
will be excluded in the reproduction. The notches are derived 
from a 3-stage biquad filter, and are approximately 50 dB deep 
and 1 50 Hz wide at the top. 

The encoder includes a wide bandpass circuit consisting 
of a 1 KHz highpass filter 10 and a 6 KHz lowpass filter 1 1 
introduced to ensure that the code insertion level is not de- 
termined by frequencies, either high or low, which do not 
adequately mask the code frequencies. 

The code amplitude is kept a fixed level below the pro- 
gramme, initially adjustable by a suitable control. 

The code sequence has an addressing pre-amble con- 
sisting of a simultaneous burst of both the lower and higher 
frequencies for a period of 8 digits, followed by a message 
portion of 40 bits formed of an appropriate stream of the two 
frequencies. 
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SIGNAI* IDENTIFICATION 

The present invention relates to the labelling of signals to 
enable subsequent identification* 

The present invention is particularly, but not solely, 
applicable to the labelling of audio and/or video sound track 
5 recordings such as to indicate the origins of the recordings, or 
the owner of the copyright in the recordings, or both. The 
labelling may also provide information as to payment of copyright 
royalties due. 

U.S. Patent Specification No. 3845391 describes a 
10 conventional technique for incorporating an identification code in 
audio signals. 

The present invention provides apparatus for the labelling of 
signals, the equipment comprising means to produce a code sequence 
incorporating a sequence-identification portion and a message 

15 portion, the message portion formed of a plurality of bits, one 
value of bit being represented by a burst of one predetermined 
frequency and the other value of bit being represented by a burst 
of another predetermined frequency different from the first 
predetermined frequency, the sequence-identification portion of 

20 the code sequence incorporating a burst of both frequencies, and 
means to insert the code sequence into a signal. 

Preferably, the apparatus has means to monitor the frequency 
range and/or the amplitude of the signal for labelling, and means 
to inhibit insertion of the code sequence when the monitoring 

25 means indicates a value below a specified level. 

Preferably, the inhibit means is operable to prevent 
insertion when the signal substantially consists of frequencies 
below 1 KHz and/or above 6 KHz. 

Preferably, the apparatus has means to locate one section of 

30 the code sequence in a channel of a multiple-channel signal and 
another section, following on from the said one section, of the 
code sequence in a different channel of the multiple-channel 
signal. 

According to another aspect, the present invention also 
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provides decoder apparatus for signals incorporating 'labelling, 
the equipment including means for monitoring a signal for a 
sequence-identification portion of a code sequence, and means to 
extract a message portion from the code sequence, the message 
5 portion formed of a plurality of bits, one value of bit being 
represented by a burst of one predetermined frequency and the 
other value of bit being represented by a burst of another 
predetermined frequency different from the first predetermined 
frequency, the sequence— identification portion of the code 

10 sequence incorporating a burst of both frequencies. 

Preferably, the decoder apparatus has means to assemble 
successive portions of the code sequence located in different 
channels of a multiple— channel signal. 

According to another aspect, the present invention also 

15 provides a recording of a signal, the recording having at least 
one code sequence incorporating a sequence-identification portion 
and a message portion, the message portion formed of a plurality 
of bits, one value of bit being represented by a burst of one 
predetermined frequency and the other value of bit being 

20 represented by a burst of another predetermined frequency 
different from the first predetermined frequency, the 
sequence-identification 

portion of the code sequence incorporating a burst of both 
frequencies. 

25 In order that the invention may more readily be understood, a 

description is nov given by way of example only, reference being 

made to the accompanying drawings in which 

Figures 1 and 3 are block circuit diagrams of an encoder 

embodying the present invention y 
30 Figure 2 is a response curve of an element in the encoder of 

Figure lj 

Figure 4 is a block circuit diagram of a decoder embodying 
the present invention; 

Figures 5 and 6 are response curves of elements in the 
35 decoder of Figure 4; 

Figure 7 is a block circuit diagram of the input stages of the 
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decoder of Figure 4; 

Figure 8 is a block circuit diagram of another encoder 
embodying the present invention; and 

Figure 9 is a block circuit diagram of another decoder 
embodying the present invention* 

The encoder shown generally in Figure 1 inserts the binary 
information into two very narrow notches , to facilitate the 
decoding process, making it much easier to identify the individual 
digits within the code. The centre frequencies chosen for the 
two notches, 2883 and 3417 Hz are between semi-tones in the tonic 
scale. This is helpful in minimising music breakthrough into the 
decoding circuits, and ensures that no fundamental frequencies in 
the tonic scale will be excluded in the reproduction. The 
notches, illustrated in Figure 2, are derived from a 3-stage 
biquad filter (Figure 3), and are approximately 50 dB deep and 150 
Hz wide at the top, such as to minimise the amount of programme 
lost while limiting the amount of programme adjacent to the code 
frequencies passed by the decoder bandpass filters. 

The control branch of the encoder (centre limb of Figure 1) 
includes a fairly wide bandpass circuit consisting of a 1 KHz 
highpass filter 10 and a 6 KHz lowpass filter 11 introduced to 
ensure that the code insertion level is not determined by 
frequencies, either high or low, which do not adequately mask the 
code frequencies. Thus if the programme content consists mainly 
of either high or low frequencies, even though the level is high, 
the code will be suppressed. 

The envelope of the programme signal is rectified by unit 12 
and applied to a multiplier 13 with the code frequencies applied 
to the other input. Thus the amplitude of the code may be kept a 
fixed level below the programme, initially adjustable by a 
suitable control. The code frequencies are derived from a timing 
generator and are transformed from square to sinusoidal waveform 
in the two bandpass filters 15 and 16. 

The code sequence includes a part of 40 digits each with a 
period of 22 msec; a digit with the lower frequency designates an 
0, and a digit with the higher frequency designates a 1. The 
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code sequence is addressed by a simultaneous burst of both the 
lower and higher frequencies for a period of 8 digits, i.e. 
8 x 22 msec - 176 msec. In order to afford some separation 
between code sequences there is a blank space equivalent to 16 
5 digits, i.e. 16 x 22 msec * 350 msec. The repetition rate is 
therefore:- 



64 x 22 msec ■ 1.41 sec 
The function of the decoder shown generally in Figure 4 is 
essentially to separate the code from the programme, then separate 
the address from the main part of the code sequence and 
15 subsequently present the retrieved code sequence for display. 
The code separation is achieved by two bandpass filters, one 
having response characteristics as shown in Figure 5 such as to 
pass the lower frequency, the other having response 
characteristics as shown in Figure 6 such as to pass the higher 
20 frequency. The shape of the responses of these filters 

determines, to a large extent, the parameters of the system; the 
sharper they are (i.e. high Q), the longer it takes for the code 
frequency to propagate through them and therefore, in order to get 
a usable output the longer must be the period of the individual 
25 digits (number of cycles of the appropriate frequency). Also, 
the higher the Q of the filter, the less tolerance there will be 
to code frequency shift due to speed variations of the reproducing 
equipment, either accidental or deliberate; however, typically 
the reproducing equipment is of professional standard and 
30 therefore limits any speed variation and consequent pitch change 
to a fairly low figure. The wider the response of the filters 
the more programme breakthrough will be present to interfere with 
the accurate retrieval of the code. Prior to the filters, an 
A.G.C. circuit lifts the lower levels in the applied signal, 
35 tending to make the input to the filters a constant level. 

Following the output of each filter a rectifier circuit follows 
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Address length 
Main part 



Space between sequences 



Total 



8 digits 

40 digits 

16 digits 

64 digits 
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the envelope of the retrieved code which then forms the input to a 
sum and difference circuit. Since the address will appear at the 
output of the filters as two in-phase pulses 8 digits in duration, 
the output from the summing amplifier will be a double amplitude 
5 pulse. Conversely, the code sequence which appears as 

complementary bit streams at the output of the filters will cancel 
in the summing amplifier. The opposite action occurs within the 
difference amplifier where the code amplitude is doubled but the 
address is cancelled. Thus the address appears at the output of 

10 the summing amplifier and the code sequence at the output of the 
differencing amplifier. In this embodiment, only the lefthand 
channel has been encoded leaving the righthand channel 
untouched. The values of frequency used in the code sequence are 
particularly beneficial becuase of their position in the tonic 

15 scale, and because it is considered that frequencies between 2 and 
4 KHz are the most susceptible to programme masking. Also, the 
values are an optional choice bearing in mind that the lower the 
frequency the smaller the number of cycles that may be transmitted 
in a given time which would lead to longer periods per digit being 

20 required to ensure code retrieval, and at higher frequencies 
masking by the programme contents becomes much less effective. 
If the audio envelope amplitude falls below a predetermined level 
the code insertion is suppressed. Because of this, the oode is 
only inserted into the programme when its content, both from the 

25 point of view of level and frequency distribution, will provide 
adequate masking of the code. It is not therefore inserted 
during any momentary breaks in the flow of programme information 
nor when the code level falls below a predetermined value such 
that programme "breakthrough" will override the code. 

30 Breakthrough occurs when frequencies in the programme adjacent to 
the code frequencies are not adequately filtered out in the 
decoder and are falsely recognised by the code sensing circuits as 
code. Music breakthrough can occur both to give an entirely 
false output and also to cause mutilation of the code. The 

35 higher the permissible insertion level of the code the less likely 
this malfunction is liable to occur. The decoder may be arranged 




OClD <BP 0245037A2_I_> 



6 



0245037 



to operate such that the entirely false code is disregarded by the 
decoder if the code is not preceded by the correct address. 
Sometimes the .code sequence is incomplete because during its 
insertion the programme level has dropped below the acceptable 
5 masking level. Thus the decoder ignores the mutilated code by 
checking for check bits in (or at the end of) the code. With the 
inclusion of a 40 bit code every 1.41 seconds the decoder can 
correctly recover the code at adequately frequent intervals to 
make the system feasible whatever the programme content. 
10 The equipment described in relation to Figures 1 to 6 may be 

modified to reduce any effects of programme breakthrough into the 
code discrimination circuits. Whereas this could readily be 
achieved by widening the notches, it is considered that the barest 
minimum of the programme content should be removed in order to 
15 insert the code. Ideally the decoder bandpass filters should 
substantially mirror the notch filters to exclude all music 
breakthrough, but this, however, would leave no allowance for 
speed variations in the reproducing equipment. In the described 
equipment appro ximately •+ 3%" speed variation can be tolerated. 
20 This may have to be reduced in order to allow the passband to be 
reduced. 

The described equipment can be modified to accommodate a 
stereo signal with the consequent doublings of coded 
information. This can improve the rate of capture of correct 
25 code sequences. The modification is such that, when the channels 
are combined to form a mono channel, the code does not become 
obtrusive or become mutilated in any way. 

The present invention is applicable to equipment 
incorporating digital signal processing. Indeed, many of the 

30 signal processing functions used in the present invention can be 
readily implemented digitally (for example complex filtering 
functions) and may reduce problems associated with noise, 
particularly with the availability of 32 bit DSP chips. 
Moreover, digital techniques may allow delays to be readily 

35 introduced into the encoding system so tiiat the validity of the 
code may be tested before transmission. In a digital decoder 

BAD ORIGINAL 




BNSDOCID: <EP 0245037 A2J_> 



7 



0245037 



with the advantage of storage, it is readily possible to work at 
lower coding levels and employ a signal averaging technique to 
retrieve the code from noise level. 

It is envisaged that, at least initially, the audio 
5 programme will be received as an analogue signal from which the 
decoder extracts the digital code and the resulting information is 
then passed directly to a computer or appropriate processing 
equipment. 

Because of the constraints due to programme masking which 

10 apply to this system, preferably the code sequence is as short as 

possible. As, in preferred embodiments, the digital signal 

decoded from the programme is handled by some form of computer, 

the latter holds in store all the detailed necessary information 

suitably catalogued such that the appropriate information can be 

15 recalled by an abbreviation incorporated in the code sequence. 

Thus using abbreviations in the code sequence of 20 digits length, 

20 

the system has a capacity of 2 (namely over 1 million) 
possible identities. 

The decoder input circuit may be modified to include an 

20 A.G.C. path, the action of which is to minimise the fluctuations 
of the code frequencies due to the programme envelope level 
changes, the code insertion level being dependent on programme 
level. A circuit of this function is shown in Figure 7. 

There is shown in Pigures 8 and 9 equipment embodying another 

25 form of the present invention. This system utilises a signal 
transmitted in digital form whereby each of the states is 
represented by a short burst of a discrete frequency of 
approximately 22 msec in duration. This duration is chosen to 
allow the decoder time to recognise individual digits, bearing in 

30 mind the fairly high Q of the bandpass filters, while keeping the 
overall transmission time as short as possible. The signal 
consists of a preamble of 8 digits duration represented by both 
the discrete frequencies being present together, the preamble 
being immediately followed by a 32 bit code sequence. The first 
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8 bits of the code sequence are used to designate the Recording 
Company (i.e. enough capacity to identify 256 Companies), the 
following 24 bits provide in excess of 16 Billion address 
locations in a micro computer memory associated with the decoding 
5 equipment. Each location is capable of storing all the relevant 
information appertaining to each recording • Thus the total code 
duration including the preamble is 880 msec. 

Since any stereo signal may be combined to form a memo 
signal, information is not encoded into the left- and right-hand 

10 channels simultaneously. It is also desirable to make the code 
insertion as brief as possible to keep the possibility of aural 
detection to a minimum. Accordingly, in stereo audio signals, 
the preamble plus the first 16 bits of the code are inserted into 
one stereo channel, immediately followed by the remaining 16 bits 

15 of the code in the other stereo channel. The stereo channel 
receiving the first part of the code is alternated between left 
and right. 

The encoder of Figure 8 may be considered as part analogue 
and part digital. Each channel of the analogue section has two 

20 paths. The first is concerned with the main signal into which 
are introduced the two notch filters 30 and 31 which create the 
regions into which the code will be placed. The other path is 
concerned with the control of code amplitude and subsequent 
insertion into the main signal channels. The control path of 

25 each audio channel is passed through a bandpass filter 32 which is 
shaped such that the control signal amplitudes applied to a 
multiplier 34 after rectification at rectifier 33, will depend on 
the masking ability of the programme content. A manual control 
allows the level to be set at which the code is inserted below the 

30 programme envelope level. 

The digital section generates the coding frequencies which 
are divided down from the output of a crystal oscillator 35. All 
other timing waveforms are derived from these frequencies which 
govern the bit duration, code length, repetition rate, and. so 

35 on. The code may be selected via a keyboard 36 when the chosen 
digital code will be generated at generator 37 and displayed at 

feAD ORIGINAL 
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display 38. The digital code is then converted into a pulse 
sequence of the appropriate frequencies namely 2883 Hz 
representing a space or O, and 3417 Hz representing a mark or 1. 
There are, of course, a number of frequencies which could be used 
for this purpose in alternative forms of the equipment to that as 
shown. The mark and space elements of the code, still in digital 
form, are summed at adder 39 to produce the complete 32 bit code 
plus the preamble. The serial code sequence then passes via an 
analogue switch 40 to filters 41 and 42 which transform the serial 
pulse sequence into sine waveforms. This analogue format of the 
code is then applied to the other input of the multiplier 34. 

The level of the programme is sensed by a detector 43 which 
goes low if the programme falls below a pre-determined level. 
This then clears the dividers (via an AND gate) and stops the code 
generation until both channel detectors go high. The code is 
then inserted at approximately if second intervals. The analogue 
switches are used to control the code insertion alternating 
between the left- and right-hand channels. 

In the decoder shown in Figure 9, each channel of a received 
stereo signal is separately processed in an automatic gain 
controlled loop 50 or 51 to bring the variable code amplitudes up 
to a uniform level before detection. The bandpass filter section 
in the AGO loop isolates the code frequencies from the programme 
content. The output from the left- and right-hand channels are 
then summed negatively at adder 52 which results in the full 32 
bit code plus preamble being present at the summing amplifier 
output. 

The frequencies representing the mark and space digits are 
then processed separately via their individual bandpass filters 
and rectifiers 53 to 56. The bandwidth of the filters are made 
wider than the encoder notches to allow for speed variations in 
the reproducing equipment. Assuming this equipment to be of 
professional standard, the tolerance on speed variation should be 
reasonably tight. This difference between the encoder notch 
filters and the decoder bandpass filters inevitably allows some 
programme breakthrough into the code demodulation circuits 
resulting in occasional code mutilation. The rectified outputs 
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from the bandpass filters result in complementary code 
sequences. Thus when the code contains a 1, the higher frequency 
path will be high and the lower frequency path low. Conversely, 
when the code contains a zero the lower frequency rectified output 
5 will be high and the higher frequency output low. The advent of 
the preamble results in both outputs being high. When the two 
outputs are applied to a summing amplifier 57 a pulse of double 
amplitude and of 8 bits duration appears at its output when the 
preamble is present. The output of difference amplifier 58 is 
10 zero. Subsequently with the passage of the code, the difference 
output indicates the code at double amplitude while the sua output 
is substantially zero. 

After suitable low-pass filtering at filter 59 or 60 and 
passage through a Scbmitt Trigger circuit 61 or 62, the pulse 
15 resulting from the preamble is used as a synchronising signal in 
the microcomputer interface circuit 63 to read the data into the 
computer 64 via the interface. All timing is derived from a 
crystal clock 65 similar to the one used in the encoder. 

The software programme used by the microcomputer 64 lists all 
20 full 32 bit data messages received from the aforementioned decoder 
circuitry and displays them on a VDU 65. If the data has been 
foreshortened due to the signal source level going below the 
required threshold level for whatever reason, the incomplete data 
will be ignored. The computer averages each column of digits 
25 over the last ten received. The decision level may be selected. 
In the present embodiment this is chosen as 6 out of 10. Thus if 
6 or more l's occur in a column of 10 listings of the 32 bit code 
the correct data is assumed to be a 1. Conversely if 6 or more 
zeros are present in a column the correct data is assumed to be 
30 zero. If the average is 5 then the computer indicates "DOHT 

KNOW" (-) and the code is then incomplete. The averaged code is 
listed in a separate column in hexadecimal notation together with 
the time elapsed from the commencement of the transmission. The 
first full averaged code (i.e. no dashes) is then transferred to a 
35 "message received" column together with the time. This is the 
address which will eventually be used to interrogate the computer 

BAD ORIGINAL 
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memory to extract the information about the recorded repertoire 
and to which company it belongs. This information may then be 
displayed or printed out or stored in memory for subsequent use. 

Thus, an identification code for insertion within a signal 
may have a sequence of frequency-shifted segments and a sync 
signal formed of a simultaneous burst of the frequencies in the 
segments. 

Also, the identification code for insertion within a signal 
may have two notches each centred on one of the frequencies of the 
segments. Also the identification code may have two notches each 
centred on one of the frequencies of the segments such that ea.ch 
frequency is inserted in a different notch. 

This identification code may be electronically buried in the 
audio analogue signal such that it can be recognised in any 
15 carrier medium, e.g. radio transmission, cable distribution, tape, 
disc or film audio or video recording, either optical, magnetic or 
electro-mechanical . 

The code is carried on two frequencies, one representing a 
space digit (0) and one a mark digit (1). Thus the absence of 
20 one frequency will coincide with the appearance of the other. in 
a stereophonic recording the lefthand channel may be compared with 
the right. Thus a double cross-check may be made on each code 
digit and used as part of an error detection and correction scheme. 
The code frequencies are accommodated within the audio 
25 bandwidth utilizing two very narrow notches in the programme 

frequency spectrum. The exact centre frequency of each notch is 
chosen as a quarter tone between two semitones of the tonic scale, 
for example in the third octave above middle c. This places the 
code frequencies in parts of the spectrum where the programme 
content should be minimal, being beyond the range of most 
instruments and not lying on a harmonic of lower notes of the 
tonic scale. it also ensures that the presence of a notch does 
not eliminate a note of the tonic scale in musical programme 
material. 

35 In an identification code, a synchronising word precedes the 

segments to alert the decoding equipment of their imminent 
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arrival. This consists merely of a burst of both the code 
frequencies simultaneously for a fraction of a second. The 
following code may consist of several alpha-numeric characters, 
the exact number being determined by the amount of information it 
5 is required to transmit. Bach character is described by 8 
digits, with one digit used for parity checking? each is 
represented by a number of cycles of the designated frequency. 
Thus the total message, sync word plus code, is approximately one 
second in duration. In order to minimise the length of the code 
10 it may merely represent an address, the relevant information being 
held in a computer memory. 

The code frequencies and all the timing functions are 
generated by binary division from a master crystal oscillator. 
Thus the number of code frequency cycles per digit, the length of 
15 the synchronising address and the message duration are all 
accurately defined. 

The sharp notch filters are generated by combinations of 
biquad circuits. 



is not provided. All coding circuits are removed from the 
transmission path except for the duration of the code. Thus for 
approximately 95% of the time the transmission path is normal. 

In the decoder, bandpass circuits are employed to extract the 
25 code from programme material. The passband is of sufficient 
width to accept the code and allow for a reasonable degree of 
speed variation in the transducing equipment. However this 
should be fairly small since the equipment is of professional 
standard. Any appreciable speed variation constitutes a pitch 
30 change if constant, or wow and flutter if variable. Errors in 
transmission are checked by the clues provided in the code format 
and in the character parity check. The information so gained 
will be used to invoke a correction routine. This may be 
accomplished in any computing facility used in an embodiment. 
35 The decoded information is then fed to a micro-computer 

capable of a V.D.O. display and/or hardcopy output. 



The code is not introduced into the programme material if its 
20 level falls below a predetermined value such that adequate masking 
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The present invention provides an identification code with 
the following characteristics: - 

(i) the code is completely inaudible under all conditions, 

(ii) it impairs in no way the fidelity of any recording no matter 
what are its contents; 

(iii) the code is embedded well within the audio bandwidth and not 
at either extremity where it could easily be filtered out by 
accident or design, thereby to protect the code from deliberate 
attempts to obliterate it simply; 

(iv) the code is totally secure during any transfer process, such 
that it survives high speed tape-to-tape duplication, transfer to 
disc (analogue or digital), cable transmission and broadcasting, 
enabling the system to be of universal application; 

(v) the code need not be included at regular intervals thereby 
avoiding deliberate interference and also facilitating maximum 
masking by the performance content; 

(vi) the code can be repeated at frequent intervals, ensuring that 
even short extracts from a recording may be identified, that rapid 
identification of material can be achieved, and that repeated 
verification of the code tends to isolate errors due to programme 
breakthrough. 

In a different application, the identification code of the 
present invention may include information which may instruct 
equipment, which receives the signals containing the 
identification code, to inhibit certain actions, for example 
recording. 
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1. Apparatus for the labelling of signals, the equipment 
comprising means to produce a code sequence incorporating a 
sequence-identification portion and a message portion, the message 
portion formed of a plurality of bits, one value of bit being 

5 represented by a burst of one predetermined frequency and the 
other value of bit being represented by a burst of another 
predetermined frequency different from the first predetermined 
frequency, the sequence-identification portion of the code 
sequence incorporating a burst of both frequencies, and means to 
10 insert the code sequence into a signal* 

2. Apparatus according to Claim 1, comprising means to monitor 
the frequency range and/or the amplitude of the signal for 
labelling, and means to inhibit insertion of the code sequence 
when the monitoring means indicates a value below a specified 

15 level. 

3. Apparatus according to Claim 2, wherein the inhibit means is 
operable to prevent insertion when the signal substantially 
consists of frequencies below 1 KHz and/or above 6 KHz* 

4. Apparatus according to any one of Claims 1 to 3, comprising 
20 means to locate one section of the code sequence in a channel of a 

multiple-channel signal and another section, following on from the 
said one section, of the code sequence in a different channel of 
the multiple— channel signal. 

5. Decoder apparatus for signals incorporating labelling, the 
25 equipment including means for monitoring a signal for a 

sequence-identification portion of a code sequence, and means to 
extract a message portion from the code sequence, the message 
portion formed of a plurality of bits, one value of bit being 
represented by a burst of one predetermined frequency and the 
30 other value of bit being represented by a burst of another 

predetermined frequency different from the first predetermined 
frequency, the sequence-identification portion of the code 
sequence incorporating a burst of both frequencies. 

6. Decoder apparatus according to Claim 5, comprising means to 
35 assemble successive portions of the code sequence located in 



BNSOOCID. <EP 0245037A2J_> 



15 : 



0245037 



different channels of a multiple-channel signal. 

7. A recording of a signal, the recording having at least one 
code sequence incorporating a sequence-identification portion and 
a message portion, the message portion formed of a plurality of 

5 bits, one value of bit being represented by a buret of one 
predetermined frequency and the other value of bit being 
represented by a burst of another predetermined frequency 
different from the first predetermined frequency, the 
sequence-identification portion of the code sequence incorporating 
10 a burst of both frequencies. 

8. A recording according to Claim 7, wherein one section of the 
code sequence is located in a channel of a multiple-channel signal 
and another section of the channel, following on from the said one 
section, of the code sequence is located in a different channel of 

15 the multi-channel signal. 
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© Signal identification. 

© Equipment for labelling audio signals with iden- 
tification information has an encoder which inserts 
the binary information into two very narrow notches 
of centre frequencies 2883 and 3417 Hz, between 
semi-tones in the tonic scale to minimise music 
breakthrough into the decoding circuits, and to en- 
sure that no fundamental frequencies in the tonic . 
scale will be excluded in the reproduction. The 
notches are derived from a 3-stage biquad filter, and 
are approximately 50 dB deep and 150 Hz wide at 
the top. 

The encoder includes a wide bandpass circuft 
2 consisting of a 1 KHz highpass filter 10 and a 6 KHz 
™ lowpass filter 1 1 introduced to ensure that the code 
^insertion level is not determined by frequencies. 
Wither nigh or low, which do not adequately mask :fre 

code frequencies. 
Ifl The code amplitude is kept a fixed lever befew 
J* the programme, initially adjustable by a suitable con- 
trol. 

The code sequence has an addressing pre- 
amble consisting of a simultaneous burst of &0Sr tfra 
Ul-iower and higher frequencies' for a period of S c^is. 
followed by a message portion of 40 bits forrnssi cf 
an appropriate stream of the two frequencies. 



2 


NOTCH 




MOTCH 


-.ft 









T 












AAHfr-PASS 















He J 



Xs-s* Copy Centre 



NSDOCID: <EP 024S037A3_I_> 



European Patent 
Office 



EUROPEAN SEARCH REPORT 



Application Number 



EP 87 30 3889 



DOCUMENTS CONSIDERED TO BE RELEVANT 



Category 



Citation of document with indication, where appropriate, 
of relevant passages 



EP-A-0 135 192 (HOWARD) 
* Abstract; page 5, line 1 - page 6, 
line 7; page 7, line 19 - page 8, line 
2 * 



US-A-3 845 391 (CROSBY) 

* Abstract; column 2, lines 50-55 * 



Relevant 
to claim 



CLASSIFICATION OF THE 
APPLICATION ant. C1.4) 



1,2,5 



H 04 H 1/00 



A,D 



TECHNICAL FIELDS 
SEARCHED (Ita. C1.4) 



The present search report has been drawn up For all claims 



H 04 H 

G 11 B 
H 04 N 





Dale of completion of the search 


Examiner 


THE HAGUE 


27-12-1989 


ISA S. 



CATEGORY OF CITED DOCUMENTS 

X : particularly relevant if taken alone 

Y : particularly relevant if combined with another 

document' of the same category 
A : technological background 
O ; non-written disclosure 
P : intermediate document 



T : theory or principle underlying the invention 
E : earlier patent document, but published on, or 

after the filing date 
D : document cited in the application 
L : document cited for other reasons 

& : member of the same patent family, corresponding 
document 



_O245037A3J_> 



This Page is Inserted by IFW Indexing and Scanning 
Operations and is not part of the Official Record. 

BEST AVAILABLE IMAGES 

Defective images within this document are accurate representations of the original 
documents submitted by the applicant. 

Defects in the images include but are not limited to the items checked: 

□ BLACK BORDERS 

□ IMAGE CUT OFF AT TOP, BOTTOM OR SIDES 
J^Tfaded TEXT OR DRAWING 

□'blurred or illegible text or drawing 

□ skewed/slanted images 

□ color or black and white photographs 

□ gray scale documents 

□ lines or marks on original document 

□ reference(s) or exhibit(s) submitted are poor quality 

□ OTHER: 

IMAGES ARE BEST AVAILABLE COPY. 
As rescanning these documents will not correct the image 
problems checked, please do not report these problems to 
the IFW Image Problem Mailbox. 



THIS PAGE BIMK (mm 



